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1. DIGITAL SIGNAL PROCESSING SOFTWARE

A. INTRODUCTION
" The purpose of this study is to evaluate the Interactive Laboratory Systems

(ILS-PC) digital signal processing software package. This is accomplished in three
ways. First. by identifying the need for digital signal processing software and the basic

computational operations that a software package of this type should perform.

Secondly. by describing the operation of the software and development ofa conceptual

thought process that incorporates ILS in solving digital signal processing pro-lems.

Finally, by using ILS to solve a number of problems and e%aluating the software

package by comparing its capabilities and limitations with existing tools available for

digital signal processing at the Naval Postgraduate School.

B. NEED FOR DIGITAL SIGNAL PROCESSING SOFTWARE
As modern technology tends more toward digital methods in signal prccessing

and analysis, the need for software that consolidates and decreases the computational

burden of these methods becomes apparent. Time savings are realized if the software
is interactive and requires only input parameters. From an academic perspcctive. ue
of this software can improve instructional etliectiseness and increase the research

productivity of students. Solutions that require redundant computations suLh as. for
example. determining the frequency response of a filter, can be completed wIthout

substantial programing. This increases the flexxbilitx and a'ailabilit of computer

generated solutions for analysis. Finally, use of this software helps the student remain A

abreast of available analysis tools.

C. DIGITAL SIGNAL PROCESSING SOFTWARE PACKAGE
REQUIREMENTS
1. Personal Computer Based Softisare

The first requirement is for the software to be compatible with personal
computers. While the obvious trade off between this and a mainframe installation is a

loss in computational precision and available memorN, there are a number of

advantages. The most important advantage is the flexibility and portability cf personal

computers. First, the user can purchase the software comnercially. This eliminates

dependence upon software packages only available on the mainframe s-stem. Using

8,
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personal computers eliminates the user's need to transfer programs between dilf, reni

computer systems and the compatibility adjustments to the programs that nw,v ile

encountered in doing this. Personal computers can also be upgraded as necessar%" to

meet the individual needs of the user. This presents the potential for the creation oi a

* tailored library of signal processing programs.

0Of equal importance is availability and cost savings w;en compared to a

mainframe system. A personal computer based system is subject to the users shedale.

Unlike a mainframe system, there is no competition for CPU time or unadaulabeit: Joe

to scheduled maintenance and unscheduled down times. Also, there is no need to buy

computer time.

2. Signal Processing Capabilities

The requirements for a signal processing software package depend on its

intended use, however, there are some basic capabilities that will be needed for all

situations. The software should be flexible enough to allow the user to obtain the

solution of most signal processing problems. The following requirements are intended

to be a basis of what is expected of a signal processing software package:

Interactive Interface. The software should allow the user to describe ;inals or
systems through the use of a keyboard or other interactive interface.

* Signal Generation. There should be the capability to create cr form
combinations of common sequences such as sinusoids. exponentials, sampls, or
other similar sequences.

0 External Data Input. The software should accept input data from an exmernal
source or disk file for analysis.

0 Graphical Output. The software should provide well-labeled graphical output
of signals or analysis results on both an interactive % idco screen or in hard copy
at the user's option.

0 Extendability. The software should allow the user to describe new operations
and add these to the system.

I lime Domain Operations. The software should be able to perform conmon
time domain operations, such as convolution and filtering.

* Frequency Domain Operations. The software should be able to peribrm
common frequency domain operations, such as radix 2 FFT and frequency
responses.

* Random Signals. The software should be able to generate random signais with
user-specilied characteristics.

* Determination of Statistical Characteristics. rhe software should be able to
compute statistical characteristics of' signals, such as probability density
functions, correlation functions, cross correlation, etc.

"p9



Processing of Random Signals. The software should be :hie to prccess ra&ndom
signals through linear systems and compute random signal outputs and their
statistical characteristics.

The requirements listed are representative of' most of the tools required for elleci',e

signal processing. The list is not intended to deternune the exact needs of* the software

but rather act as a guide to selecting optimum software. [Ref 11

Ua.,:-: ,:""-.a a .. ,. .:, ' 2"'''''-,-.-.''"" J' '''' .£""''. .'Z' '".-£ £'. £'.£'£'''£.£ . ,£
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1!. USING ILS

Having- established the requirements for digital signal processing_ software, the

analysis of a software package can begin. Interactive Laboratory System t I LS-PC was

purchased by the ECE department for this purpose. The scope of this analvis is to

describe the operation of ILS and from this develcp a general process to facilitate using

the software. Initially. this evaluation of ILS was conducted usin ILS \er ion 5.0,

however, a newer version, I LS version 6.0, was acquired late In the development of this
study. To incorporate the improvements and changes of this new version, the version

6.0 capabilities are listed along with a discussion of the newer ILS menu moje of

operation.

A. DESCRIPTION OF ILS
ILS is a personal computer based digital signal processing tool. The software

can operate in two modes, the command line mode and the menu mode. The signal

processing functions that ILS performs can be summarized in eight areas. Discussion

of these topics reinforces the utility and capability of ILS as an independent signal

processing work station.

1. Operation of ILS

As pre iously mentioned. I LS is completely interactive. The software

identifies commands using three alphabetic characters as mnemonics. These commiands

can be viewed as subje,.t identifiers for the signal processing applications the- perform.

The commands are alphabetically listed in the ILS Command Reference Guide which

also provides information on their specific usage. [his information consists of the

commands function, format, input requirements, generated output, and arguments.

1he arguments. which are alphabetic and numeric, determine the specific operation the

command is to perform. Several examples are also provided to demonstrate some

applications of the command. Appendix A contains an excerpt from tile ILS

Command Reference Guide for the design filter cormnand, DFI. This conunand

designs a Butterworth, Chebyshev, or elliptic filter. In this command, the alphabetic

arguments allow the design of band pass filters for octave filtering, or the storage of

the designed filter in either the COMMON file or as a record in a primary or secondary

file or both. The numeric arguments determine the type of filter to design based on the

11
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user's spccification of sampling frequency. stopband attenuation. passht, .:ten:at:c,.

band edges and the order of the filter. "The output consists of er, ue:L.,ilcrtn

such as the pass band and stop band edges, the sampling ir1e:en.%, the tran,:Cr

function of' the lilter, the poles and zeroes. and the first and Se kond order , 1u.idrtt.c

factors oftthe transfer function. [Ref. 2: p. 6.51

The utiltv of this command is extensive. considering the man% didcr.nt r.pes

of filters that can be designed: however, it is only a small part of the signal proLcO-S|g

analysis capability of I LS. Complete signal processing anal% sis with I LS require, the

successive use of' difl'erent commands. For example. the frequen% respone of a ilier

transfer function generated by the DFI command and stored in :a ref-ord file .an be

deternned by using the Fast Fourier Transform ([FTF conmand. StLLCLe%

conmands do not have to be related to the design process. Examples of this are the

List Records 1 LRE) command, which lists the contents stored in a rccord file and the
Display Records (DRE) conmmand which graphically displays a record file on the

terminal screen.

a. Command Line Mode

The command line mode operation of ILS is meant for the experienced

user. Use of this mode requires the user to manipulate the ILS conmands and their

arguments to perform the desired analysis. There are two ways to operate ILS in this

mode. The first method is to execute successive commands, applicable to the requ.rcd

anal.sis., one conmmand at a time. exanuning the intermediate results obt.med t"

performing each command. This gives the user an opportunity to inspect oach part of'

the analysis process. preventing the cascading of errors. The seCond e:ihod is

operation of the command line mode with a deliuter. This allows the user to enter a

number of commands on the conmmand line to be performed as one conmmand. I his

gives the user an ability to perform repetitive analysis of a s stem much more

efficiently than with the first method. Since there are approximatli 9,) ILS conMands

to choose from. operation in this mode can become both tedious and time consunmng.

A method which can simplify the selection of appropriate ILS cormmands for anaisis

is the menu mode. [Ref. 2: pp. 6-1 and 7..

b. Mlenu Mode

The ILS menu mode is designed to help beginners to use ILS. There are

many menus that make up this mode. The menu structure is trcclike, allowing the uwcr

to make choices which narrow general categories until eventually data entrn Ior a

d d
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particular signal processing application is perlornied. Each menu item has a fu:.:cttn %

kev associated with it for selection. If ILS conmind argument entr. is rt; .:;:Jd. :hC'

screen displays the arguments for data enitr.

Ihe menu mode ofI IS operation has seeral adan:.wes. Irt. tlicre % no

need to open or create tile space for the intermediate results of conmands used i :he

,,gnal proie%%m.g aial. sis; tills is performed autoinat .all.. ]lle menus njarro'x he

sele.tion ot I LS commands to choose trom in terms of the desired signal proceNNiIII

application. ithe ohsious disadvantage of working with a menu dri'en s'stem :s ha%:n,

to prompt through each of the menus for processes which require the redundant

selection of commands. Because of this. ILS allows the user to jump directly to a

specific menu using the direct access facility or between the raenu mode and the

command line mode. This gives the user access to the advantages of' both ILS

subs.stems. IRelf 2: p. 4-51

2. Capabilities of ILS

The capabilities of ILS can be organized into eight categories. The following

is a list these categories and some of the functions available through the software.

I. Data input output. ILS allows the user to acquire and playback data through

A D and D A hardware, generate waseforms such as sinusoids. exponentials.
noise and speech. and con%crt data from external files in ASCII or binarl
format into ILS format for analysis and reconvert to its original form for
transfer back.

2. Waveform Display. I LS can display data with a standard XY or three
dimensional plot. There are also options for overlay plotting and expanding of
segments of data for display.

3. Numeric Listing. ILS allows the user to list the numeric contents of da'asets or
I LS files.

•1. Data Manipulation and Editing. ILS allows the user to con\ert data bet\%een
coordinate systems, such as polar to rectangular, scale data through
multiplication or addition of an offset, modify particular points in a [lde. or slit
data to represent a delay.

5. requency Analysis. ILS allows the user to perforn functions ,uch as
computing a Fourier transform using a radix-2 FFT. coherence analsi, to
generate normalized cross spectra. or transfer lunction estmation. \i hich allo% s
the user to estimate a transfer function and review its Bode and N.qu:st plot.

6. Digital Filtering. ILS allows the user to design recursie and not,-rccur,1%e
filters, compute and graphically display their frequency responses, and alo,\%
liltering of data through the designed filter (or anal> sis.

13
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7. Numerical Analysis. ILS allows the user to average, integrate or diflere:. ,,te
data. Other applications include performing convolution. ,.orreiation ai.id
waveform arithmetic.

S. Speech Processing. ILS allows the user to perform speech proc.es,,umg a:dt ,,is
such as linear predictive coding analysis or pitch analksis. There are also
options to display and resiew speech data. spectra or vocal tracts. jRelf 2: pp.
.4-.14 to 4-191
3. Summary.

A general description of the operation and capabilities of ILS has been

presented. The ,ignal procesing commands in this package consists of a number of

sell-contained programs. This is advantageous since it allows the user o execute a

series of these commands in performing signal processing analysis. Minimal

programming is required. since the ILS commands only require the input of arguments

which represent the problem parameters. The ILS commands are also general and

flexible enough to be tailored to almost any signal processing application.

B. GUIDE TO PROBLEM SOLVING WITH ILS
As with anv application of a computer software package, a systematic approach

can be developed to facilitate the use of ILS. This process is best understood after a

review of general problem solving techniques.

1. Problem Sol'ing Technique

The first requirement in solving any problem is to identify certain parameters.

It is essential to identify' what is given, what needs to be determined, what are the

relationships pertinent to the problem, and what assumptions are to be made. l-aving

answered these questions, an ordered sequence of steps can be followed which leads to
the solution of the problem. This can involve many things such as simplifica'ions of

equations or programming of redundant operations. The final step in the process is to

examine the results and determine their validity and acceptability as a solution.

2. Problem Solving Techniques With ILS

Determining solutions with ILS follows the same process, however. ILS limits

the analysis techniques available for signal processing. This requires the user to

manipulate ILS software to get a solution. The problem solving process with ILS is

summarized as follows:

I. Determine what is given or available in the problem statement.

2. ldentil\ from the problem statement what must be determined.

-lU
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3. Identil\" what ILS commands would be useful in solution of'the problem.I lhis
is more easily accomplished using the IL.S menu mode.

-4. Order the I LS commands required in solution of the problem.

5. Execute the commands of part (4 and exanune the results. Repeat Stcps 3-5 as
necessary until the solution is satisfactory.

This process is short due to the interactive structure of ILS. It also allows the u cr to

experiment and determine an optimal solution.

C. PROBLEM SOLVING WITH ILS

1. ILS Files

With ILS. the use of successive conmmands in the analysis process produces a

requirement for storage of intermediate results in files. ILS works through the

manipulation of these files. ILS files are also used to store data input from an external

circuit and data transfered from other computer files. The type of data stored in a file

determines the type of file it is and there are five different types of data. File

manipulation and generation are the basis for successfully using ILS.

a. COMMON File

The COMMON file is required at all operating levels of ILS. storing

information to interface and operate the software such as parameter definitions.
constants, and status flags. Changes to the contents of the COMION file are by

delault written over the previous contents allowing for automatic updating of system

parameters. Since this file is always read first when booting ILS. the user always starts

exactly where the previous session ended. The COMMON file also has the utility of

being a scratch pad for storage of intermediate results. Data from the COMMON file

can be extracted and manipulated by transfering it to an ILS applicable type of file

using appropriate ILS conmands. [Ref 2: p. 6-2]

b. Other Files

The following is a list of other files internal to ILS:

1. Sampled Data Files. Data for these files is always in integer format and is
created using any of three ILS data sources:

* Test Signals and Functions. ILS has comnands that need output files to
store their results. These conmmands generate sampled data files by
sampling ILS generated waveforms created by the user.

, External Files. ILS can be used to create data files from external tiles in
ASCII format, coded ASCII format, or binary format. This allows the user
to input data that can be analyzed using ILS conunands. There are
requirements for the format of' the external data. The ILS Conunand
Reference Guide contains the pertinent details of these conditions.

15
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* Analog Waveform. ILS has the capability of accepting an analog sour C as
input to create a data file. With I LS compatible A D and D A hardware.
the software can convert external signais to ILS format for analysis. i-ls
is not explored by this thesis. [Ret' 2: p. 8-81

2. Analysis Files. Analysis files store data created by executing speech ana'S is
programs on segments of sampled data. The data is integer data in vector form.

3. Record Files. Record files can store two types of data. The first type is signal
processing data. These data consist of real or complex points ard is
representative of a time or Fourier series. The second type is 1'eature data,
which is a matrix or vector representation of properties of experimental data.

4. Label Files. Label files store label data which is ASCII data describing M code
and words the location of significant events or segments in sampled data files.
[Ref. 2: p. 6-31

2. Using ILS Files

Binary files are the files that ILS uses the most. These files are the sampled

data files, record files and analysis files. All of these files are structured the same. The

lengths of the ILS files are set by the user and only limited by the available memory on

the disk used. The length is expressed in disk blocks, 512 bytes per block. The file

blocks are numbered from 0 to N-I, where N is the number of blocks in a file. The

ILS command, FIL. is used to create, delete, select, or unprotect a file. The details of

the use of this command are contained in the ILS Command Reference Guide and are

demonstrated in the next chapter. An important point in using ILS files is how they

are selected and identified. ILS files are identified by two alphabetic characters and a

file number (I - 9998). The two letter prefix is used to represent a single file or a group

of files. Each ILS file may be selected with one of six different pointers. These

pointers are primary A, B, or C, and secondary A, B, or C. Which pointers to use

depends on how the file is used by ILS commands. This is best explained by the

following example in which two time series record data files are convolved using the

Convolution (CNV) command. According to the command requirements, one file must

be declared a Primary (A) file and the other a Primary (B) file; however, a Secondary

(A) file must also be opened in order to store the results. In this case the FIL

command must be used three times, first to declare one file as primary (A). second to

declare the other file as Primary (B), and finally to declare a file as secondary (A) to

store the results. This allows the user to save the original data for further analysis. it
desired. For instance, the file declared the Primary (B) file could be redesignated the

Primary (C) file and the contents altered. The file can then be redesignatcd as the

16



Primary-B file and the convolution performed again. It makes the filc1s cas% to ,.

however, keeping track of' the tiles and what each contains may bc.onie a prailcni.
More detailed examples to help understand the use of ILS files will be presented in the

following chapter. [Ref. 2: pp. S-3 to S-51

I-
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MII. SOLVING PROBLEMS WITH ILS

The purpose of the following examples is to demonstrate the use of ILS in digtal

signal processing. The problems show in detail the terminal input and output of

running the ILS commands in the conunand line mode and outline the use of the

problem solving techniques developed in Chapter II. The format that ILS conmands

require is outlined in Chapter 6 of reference (2). The meanings of the coi-.:and

arguments are outlined in the I LS Command Reference Guide.

A. DIGITAL FILTER DESIGN

The following three examples display different methods of using ILS to design

recursive and non-recursi e digital filters.

Problem 1: Using the bilinear transform procedure and a sampling frequency oi5uK

Hz. determine a minimum order. bandpass Butterworth digital filter that

meets the specifications shown in figure 3.1 and plot the Irc.ucncy

response [RI. 3: p. 714 1.

OdB
OdB - LO5de - ,.B r

0 d0d

--- - -.... f kilz
O0S 1,0 -28 321 90

IiL,ure 1.1 Design Sp-eLd'liC:t1cnS lProblem I lRel 2: p. -1-41.
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The analysis begins with determining what is given in the problem statement tli.tt

can help in designing the filter. In this problem. the given information iclude, the

sampling frequency of the filter and the stopband. cutolf and passband at:enuat.ans ,

and frequencies for the filter. The next step is to determine what must be found to [iot 6l

the frequency response. This requires deternining the order of the filter and the

transfer function. The third step is to deternine what ILS conunands are to be used in

the the solution of the problem. The following ILS commands apply:

* File Corrunand (FIL). This comrunand is used to list, select, create, unprotect. or
delete a file.

* Open Record File Command (OPN). This command is used to create and
initialize primary and secondary files.

• Design Filter Corrunand (DFI). This command is used to design an elliptic,
Butterworth, or Chebyshev filter. *5"

* List Records Command ,LRE). This command lists signal processing records
from consecutive primary or secondary files.

* Fast Fourier Transform Command (FFT). This command is used to perform
Fast Fourier Transform operations on records.

* Display Record Conumand (DRE). This command is used to display signal a,

processing record files.

In this problem, the FIL and OPN commands must be used first to create storage for

the record data that will be generated using the DFI and FFT commands. Next. the

DFI command is used to determine the transfer function of the filter. The FFT

command is then used to determine the frequency response and DRE displays the

results. The LRE command can be used any time during the analysis to list the record

data generated by DFI or FFT. The order in which the ILS cotmnands are used is as

follows:

1. Initialize two files to store the results of the DFI and FFT conmmands. This

is done using the FIL command with the DEY argument which deletes any data

in the file TQI00. The first numeric argument is the numerical filename of the

file and the second is the number of consecutive tiles to delete starting with

TQIOO. ILS will by default make file TQI00 the primary (A) tile.

Input: FIL DEYTQI00,.2

ILS responds with: TQIO0. DOES NOT EXIST

TQI01. DOES NOT EXIST

TQIOO. DOES NOT EXIST

PRIMARY FILE

19I
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2. The files are prepared to accept data. The DFI command can store the

transf'er function of the filter as a record in the COMMON file or a pr:mary or

secondary file. If the transf'er function of' the filter is stored as a record in the

COMMON file, only the Frequency Display kFDI) conmand can be used to

compute and display the frequency response. This conmand automatically

scales the display but does not produce a numerical listing of' the frCquency

response thereby linmting the user to relying on the display to interpret Low

closely the filter meets design specilications. To obtain a numerical listing of'

the frequency response, the FFT conmand must be used. This commat.

requires that the filter's transf'er function (the results of' the DFI command) be

stored as a record in a primary file. The file TQIO( is initialized as a record tile

and opened to accept record data by the OPN command.

Input: OPN

ILS responds with: (A system prompt.)

3. The DFI command is executed by entering the cormmand with its arguments.

The values of the arguments are determined using the design specifications of

the problem. The order of the filter was determined to be two using non ILS
techniques. For this problem. the P argument allows the filter to stored as a

record. The first numeric argument is the order of the filter and the second is

the passband ripple in milli-dB and must be 0 to indicate this is a Buttervorth

filter. The third argument is the integer sampling frequency in Hz, the fourth

and fifth are the integer lower and upper band edges of the band pass filter.

The sixth argument is the stop band edge or "dB down" and must be 0 for

Butterworth filters. The last argument is the power of ten multiplier for the

frequencies.

* Input: DFI P2,0,500,25,36,0,2

I LS responds with: Figure 3.2. a listing of the transfer function of the filter.

4. To see what is stored as a record in the file TQIOO. the LRE conmand with

its default values is used.

Input: LRE

ILS responds with: Figure 3.3. a lh,ting of the record data in file TQIOO.

5. The FFT command is used to determne the frequency response of the filter.

This command needs a secondarv re -ord file opened to store its results. The

FIL command, with the S argument this time, selects file TQ 101 as a

secondary file.

21)
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SAMPLING FREQUENCY 50000.000 Hz
BPD CASS BUTT-,RwORT4 (MAXIA.Y z'-AT) FILTER
BWN.'D ED-,-S Zt5 cl. 0c0 36."0. (i.") ,Z

DENOMINATOR NUMEIATOR
1 1. 04,0uuE uO '. 4546069E-03
2 -3. 537423-Z.00 .000(uuE+01u
3 4. 9,k)204E*00 -8. ,217SE-03
4 -3. 20727.E*00 . O0000UE v0
5 8.-'.:.4,54E-01 4. 34608'3E-03

POLES QUADRATIC FACTORS

REAL IMAGINARY FIRST ORDER SECOND ORDER
a61813 .391486 -1. 723626 .95964
.9068'8 .308943 -1.813736 .917514

ZEROS QuADRATIC FACTCRS
REAL IMAGINARY FIRST ORDER SEZO.D ORDER

-. 000000 .000000 1. u000 . O0u0iu
I. 000000 .000000 - 1. 000000 00000

-1. 000000 .OOuO00 .0O0000 . 000000
, 000000 .000000 -. 00000 * 00JO0

TIME CONSTANT 23.350 SAMPLES
NOISE BADWIDTH 1218.451 HZ

Figure 3.2 Output of DFI Conmmand.

C: IL;IR

* C:\L3\TCi0. I00, 1 RECODS *

RECORD I, SA'MP.ING cRE'uENCY 5.O)E-.:.4, TYPE 1121

REAL TIrE SERIES OF FIL7ER COEFFICIENTS

INDEX NUMERATOR DENOMINATOR

I .3461E-03 I. Cu7E +00
2 . 0SC-+00 "" 5374E-*()
3 -8.6'-E-03 .940 E 00

• .O00Q- 00 -3. -2073E-,00

5 4. 3461E-03 B. 2244E-1
ENTEI C TO CONTINUE. E TO EXIT, N FOR NEXT RECORD

RECORD 2 NOT FOUND

hi-ure 3.3 flle [Q1u1. RcLord Data.

Input: FIL SIQIrI

I I.S reponds I'll: I QfliI. DOES NOT EXIST
SECO\1).\RY I ILE

... , -. 5 ?-,,',.- h 5 " '.''-" b.',. . . . • , '.',.'-,,", . .. , , d ,. "\ "..".,' " '. •df % . .. ,'," '*,._,,•_._'•A, '.,r,r e.-*, w',,..



6. The OPN command is used as before to initialize TQI01 as a record file

The S argument must be used since IQI01 is a secondary file.

Input: OPN S

ILS responds with: (A system prompt.)

7. The FFT command is executed to determine the frequency response. Since

the primary file contains the filter's transfer function, tile conunand deterrines

the frequency response of the filter by dividing the FFT of the numerator by the

FFT of the denominator. By def'ault, the order of the FFT used in each case, is

the smallest that contains all data points and the record is automatically zero

padded to bring it to the size of the FFT used. The arguments used with this

command are P, which stores the FFT in polar format, and 9, which specifies

that 29 = 512 points are to be used.

Input: FFT P,,9

ILS responds with: TQIOI. RECORD I STORED

S. The frequency response of the filter can now be displayed using the DRE

command since the file TQIOI contains record data. The arguments used are

NI, which displayes only the magnitude portion of the data, and S, which tells

DRE to display the secondary file.

Input: DRE IS

I LS responds with: Figure 3.4, the frequency response of the Butterworth filter.

9. To get a better picture, DRE is used with the A argument and the user is

prompted for plotting and scaling options. The options allow the user to erase

the screen before display, display with or without a grid, change the scale of the

axes. enter labels for the display, overlay plot, oifset the plot, and provide other

plotting options.

Input: DRE MAS

ILS responds with: Scaling options (figure 3.5) and the scaled response

(figure 3.6).

The last part of the analysis is to check the results and reevaluate if' necessary. The

results are satisfactory and iteration is not required. [Ref. 41

Problem 2: Using the bilinear transform and the design specifications of problem 1),

design a nnimum order Chebyshev filter and plot the frequency response
[Ref. 3: p. 714].
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-)ORE "'AS
PLEASE ENT7R ERASE COTION.
N t NOT ERASE BEFORE DISPLAY

DEFAULT a ERASE

PLEASE ENTER GRID OPTIONS *
N NO GC1D
Ca CROSSHATCH q.P|D
DEFAULT a TICK MARK GRID
-)C

PLEASE ENTER SCALING OPTIONS a
M a MANUAL INPUT MIN. MAX. SCALING
R a REPEAT PREVIOUS MIN. MAX.
DEFAULT a AUTOMATIC SCALING
- M
THE PREVIOUS SCALING I

XMIN, XMAXK YIMIN, YIMAX, Y2MIN, Y2MAX
.000 .2OE 05 -12O. .000 .000 .000

PLEASE E14TER NEW VALUES
-) 00., ,000., -7. 5,0.5 .0., 0.
PLEASE E4TER LABEL OPTIONS I
N a NO LABELS
M FANLA . INPUT LABELS
R REPEAT PREVIOUS LABELS
DEFAULT a AUTOMATIC LABELS

PLEASE ENTER PROFILE OPTIONS a
O a OVERLAY PLOT
ACP,N,A,aB a AUTOMATIC OFFSET
RCP,N,A,B] a REPEAT PREVIOLS OFFSET
MCP N,A,33 1 MANUAL INPUT OFFSET

EPN,SD] a VERTCAL BARS OCR :CS. NEG, ALL CR BOT'0M "C
DEFAULT s AUTOMATIC OF SET PRGPILE PLOT

PLEASE ENTER TYPE OPTZONS E CDICXY] CC,CL,LC,LL"

Figure 3.5 I LS Scaling Option Prompts.
'.%

The method of analysis is similar to the previous problem except in this case I LS
is used to determine the order of the filter. The commands used are the same,

however, the COMMON file will be used to store intermediate results. A new
command, FDI, is used to display the frequency response of the filter using the filter
coefficients stored in the COMMON file. Once the design specifications are met, the

filter coefficients of the COMMON file are transferred to a record file for further

analysis. The ILS commands used in this procedure are

* Design Filter Command (DFI).

* Frequency Display Command (FDI). This command computes and displays a
frequency spectrum.

* File Command (FIL).
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* Store Records Command iSRE1. Ihis conmand stores tampicd ta .1,

records.

* Fast Foutier Transform Conunand i FFI-).

* Display Record Command (DRE i.

The design sequence is as follows:

I. Set the alphabetic prefix for the data tiles to be used :n this aixat'sis.

Input: FIL ANIQ

I LS responds with: ..\lphabetic characters set to: I Q
2. The DFI command is used interactisely to design the Cheb% .he% fiter. ILS

prompts for inputs relating to the -pecifications of the filter to e ae:,;d a

determines the transfer function of the filter which is stored in the (ON\I(N

file.

Input: DFI

ILS responds with: Figure 3.7. the ILS prompts, for filter design spCL;tih:aLions.

caused by interactive use of the DFI command. I he ->

and = > symbols are prompts for user input ahh are

determined using the design specifications. ]*he filter

specifications as determned by responding to the DFI

prompts are displayed in figure 3.8.

3. The frequency response of the filter is exarmned using FDI. This cominind

automatically computes and displas the frequency response of the filter stored

in the COMMON file. rhe E argument erases the terrmnal screen b-efore

displaying the frequency response and the G argument places a gr;d o'er tihe

display. The C argument tells the FDI command to use an FFT to compute

the frequency spectrum of a rational form filter stored in the CO.M.MON file.

Input: FDI EGC

ILS responds with: Figure 3.9. the frequency response of the filter ;n the

COMMON file.

4. The frequency response of the filter in the passband region is not eaio,

determined from the display because more resolution is needed. 1 his i. done

with the DRE command. In order to use this command the filter data in the

COMMON file must be mosed to a record file so the frequenc. response -.in

be recomputed and stored in a file type which the DRE command can use is in

Problem (IH. The SRE command has a special arguument that ailows the

26
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I LOw-QS3. .3 *BA.'D-01255, 3 a ..1G-OA5S, 4 E AND-qEJECT
PLEASE E'-.TE.1 NUMER

ENTER SA-ZLE X;.E-:UENCvt OOSS PaND EDGESi (FLT Or)

E'NTTR S-OP &AND EDGE. ON~LY ONE MAY EE L,3EQ SZECIFIED,
EV~EN WHEN4 PLTER IS PASS SAND OR STOP bAND (FLT OT)

STOP SAND EDGE(S) 1000.00 8337.9di'f

TRANSIT;ON RATIO.1S.LS. THETA- 2.17

E14TE PQ3S BAND VARIATION (MLD.AND STOO SAND ATTENUATION (0O) (FLT OT)
PW1'- Cl"EEYC'-EV AND EL..IP

T
IC FI..TERS Tl.EqE WILL FE RIPPLES IN THE

PASS BAND. WITH TWE E;.ZPITIC AND CHEEYC-Ev 11 T'-,RE WILL SE
RIPPLES 1-4 THE STOP BAND. 0 0O DEFAULTS TO 3.0103 DO'.

PLASE EdTE~t THE T60O REESTED NLjwp=aE.S (rLT PT)

200-0- 'OOVOE C90=4 REOJIRED (NOTE -,AT =OR THE DIGITAL PASS BAND pC4 S-C3 aAD TILTERS. THIS Wis-L KE DOLP,_E'ft

*ijT EA..C:17 I.1. Cl)4BYCr.EV I.I. EL..IPTIC 1. 1

E%-ER OACER OF PROTOTYPE P:L.ER YOU WISm TC0 USE

E% 4 %%-FE TO INDICATE WHICH QIYET TO CHANGE
I - STCZ &AND EDGE. 2 - DO' ATTENUATION

P.TERwri7 _QL POIQ00NT(S) ;6 7 3-E.1
SOCO BE'.O ZD3E(S ELL!OTIC Z33'.8 3879.2
S-CP FON\D EDGIS) COEPYCH'EVS .u u
S-CP BAND EDGE(S) uTTE..ORT" 2Cj33.1 42~68.1

TO-E VCL.ZwNG .. IST THE ENTRIES YOU CO...:.: -ZKE DIRE:-LY Oiv TH4E
COMMAND -INE TO DESIGN TmE FI-.TERS AND A A ANY PROMPTING

Dc: I . 0. 50('Q. i67. 2:6. 0 -)Pj--EPWORTH

or: a .~. t.* *:'. C -' EP'vtI..EV TYPE 11
O~t .. !Qu, 5U00(. 2 .3.. 3~ ~ El.tPTIC

E .'rE T:C -YOE To .JSE 'E m)C:3c'q- . ENTEI ~~ FCR YC(
1

.$!.



D 2I 500) 5000 280 321 0 1

SAMPLING FRETUENCY 50000.000 HZ

BND PASS CHEPYCHEV FILTER

PASS BAND RIPPLE .Soo DE4
BAND EDGES 2800.000 310.000 rZ

DENCM IN7AOR NUrPERATOR
1 1. O 00000 9. 16150 -0
a-3.* ,937E0O0 . 00000uE'0
3 5.* 8056E*00 -1 32300E-03
4 -3.5;8317E+00 O00000 -
5 9.29-045--01 9. 1615O2E-04

REAL IMAINAIRY FIRST ORDER SECOND ORDER
.90204.4 • 3846E5 -1.804t.'89 .96161-4
.922944 .33&;'9& -1.845688 .96&iE67

ZEROS O AUADRATIC 0.C70RS
REFL IMAGINuRY FIRS' ORDER SECscD ORDER

-1.tanser Of 0 .00isdaa0 1. 000tM00 . rO
1~ooo • 000000 -1. 0009.10 .0O00

-1.00000OO . (OOOOO I.000('00 . ()00000
1.000 .000000OOOO -1.0OO0O0O .4.OOOOOO

71ME CONS-ANY 5 .-:3 SAMP1_--S
NOISE BANDwIDTH 610.* "-6P Z

Figure 3.8 Filter specifications.

.,. transfer of this data from the COMMON file to a secondary" record ile. First,

the FIL command must be used to initialize a secondary file.

Input: FIL SDEYTQ200

ILS responds with: TQ200. DOES NOT EXIST

SECONDARY FILE

5. The OPN command is used as before to initialize TQ200 as a record file.

The S argument must be used since TQ200 is a secondary file.

Input: OPN S '

ILS responds with: (a system prompt)

6. The SRE command transfers data from the common file to a secondary a-

record file. The F argument allows the transfer of the infinite impulse response

filter coefficients, stored in the COMMON file by executing DFI, to a

secondary record file. '

Input: SRE F

ILS responds with: TQ200. RECORD I STORED

7. LRE is used to list the transfered data stored in TQ200. The sampling

frequency has been normalized but this should not affect the frequency response

of the filter.
Input: LRE S .
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1"-500 IO-M 4 5

FREOLENCY (HZ)

Figure 3.9 Frequency Response of Problem 2.

ILS responds wAith: Figure 3.10, the data from the COMMON file stored as a

record in the secondary file TQ200.
8. The frequency response is computed using the FFT command and displayed
using DRE. This FFT command requires making TQ200 a primary file and

initializing a secondary record file to store the results of the FFT.

Input: FIL TQ200
ILS responds ,ith: TQ200. RECORD I STORED

PRIMARY FILE

9. The FIL command is used to initialize a secondary file.

29
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* Ca\IL!\TGZ OU. , 0 i IECORDS *

RECORD I, SAMPLING FREQUENCY 5.00E*O4, TYPE 11 i

REAL TIME SERIES OF FILTER COEFFICIENTS

INDEX NUMERATOR DENOMINATOR

1 S. 1615E-04 1.000E*'0
a .OOOOE+O0 -3. 6500F 00
3 -1.8323E-03 5.2581E 0.
4 .OOOOE+O0 -3.518.3Eoo

5 9.1IZ1E-04 S.ZSaOE-O,
ENTER C TO CONTINUE, E TO EXIT, N FOR NEXT RECORD
-) .S

RECORD 2 NOT FOUND

Figure 3.10 Record Data, TQ200.

Input: FIL SDEYTQ201

ILS responds with: TQ201. DOES NOT EXIST

SECONDARY FILE

10. The OPN command is used to initialize TQ201 as a secondary record file.

Input: OPN S -

I LS responds with: (a system prompt)

11. The FFT command is executed to determine the frequency response.

Input: FFT P,,10

ILS responds with: TQ201. RECORD I STORED

12. The frequency response is displayed using DRE MS (figures 3.11) and DRE

MAS (figure 3.12).

The filter is well within the design specifications. When examining the figures, note

that the frequency axis has been normalized with respect to the sampling frequency.

This is the result of transfering the filter from the COMMON file. Notice the straight

line approximations that appear in figure 3.12 caused by the relatively small number of

points computed in the passband. [Ref. 41

Problem 3: Using the Fourier Series approach, design a non-recursive high pass filter

of minimum order that meets the specifications of figure 3.13. The

unshaded regions represent the desired response characteristic and the
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sampling frequency is 1()K fiz. Plot the frequency response. lRef' p
60)61.
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* Fast Fourier Transform Command (FFT).

* Display Records Command (DRE ).

The IFL command is used to determine the coeflicients of the filter. t-e fI I'

conunand determines the frequency response using the lilter coeIliLients. Ilhe dL,,.n

sequence is as follows:

1. Set the alphabetic prefix for the data files to be used in this anak -Is. Lrrcate a

file to store the record generated by the UL L .ornnand and open th;e "le to

accept record data.

Input: [IL ANRF

ILS responds with: Alphabetic characters set to: RF

Input: FIL DEYRF310)

ILS responds with: RF3O. DOES NOT EXIST

PRIMARY FILE

Input: OPN

ILS responds with: (a system prompt)

2. The IFL command is used to deternune tne coefficients of the filter. h;s Is

done by using an FFT and the user specified speLtral charaLterisrics Cf the ideal

filter. The first argument of the command is the order of the FFT for the

design. The second, third and fourth are the integer sampling, lower cutol and

upper cutofi frequencies of the filter. The fifth is the power of ten multipicr for

the frequencies, the sixth is the number of filter points to output and the

seventh is the window type to use in the analysis. In the first trial of the design

process, 3I coeflicients are determined and a [larruing window is used by

detault.

Input: I FL 9.10004).2SOO.5000.O.31

I LS responds with: RF300. RECORD I STORED

3. A secondar file is created and opened to store the record data that will le

generated by determining the frequency spectrum of the filter using the FFT

command.

Input: FIL SDEYRF3OI

ILS responds with: RF301. DOES NOT EXIST

SECONDARY FILE

Input: OPN S

ILS responds with: (a system prompt)

4. The FFT command is used to determine the frequency response.

3.4



Input: FtT P.Io

ILS responds with: RF301. RE(ORD I SIORfTD

5. The frequency response is dipla.'ed using the DRL MS ifieuie '.I ,,d

DRE \IAS (figure 3.l5) conunands.

The tilter does r.ot meet tile design specilications %-th 31 ccIlilcients. \ltcr I 1,f-1hc

iteration, the pcilications are meet USII12 i llter of 57 cocllklients ilegures 3.1a ( d
3.17) Tis deign uses more coeflic cnts than necesar' Si,.e the -S dB ,utci"

lreq1CeL. is approximately 2S75 Ilz and onl 2S' i) lIz Is requi-ed. Decreal:2 tihe

cutol" frequen,.y, the order of the filter can be further redc.ed. lie final llter hiS an

order of-4l .Celicient tfligures 3.18 and 3.191. 1Ref. -41

B. SPECTRAL ANALYSIS

In the following examples ILS will be used to perform Spectral anai\:,i. In ti-e

fist problem. I LS is used to compute the DFT of two finite sequences. In tile second

problem ILS is used to perform the convolution of two sequences. The last problein Is

also a DFT computation, however, the data for the sequence are input u,;ng an

external data Iile.

Problem 4: Find the discrete Fourier transform for each of the lollowIIg -)-poInt

Sequences [Ref 2: p. 480]:

a) Xp(n) = I. n = 0. 1. 39

X pn) = 0, otherwise

b) xp(n) = 1, n = 0, 1. 2, 3. 37. 3S. 39

x (n) = 0. otherwise

In this problem ILS must be used to create the sequences and then iind their

DFTs. The commands to be used are:

* Context Command (CTX). This conmmand lists or changes the context -n'umnver
points per frame), sector number, or header length of a fiie.

* File Conmand (FIL).

. Initialize Command (INA). This command initializes or changes the prilnar\%
sampled data file header.

* \Iodifv Command iMDF. This command modifies the values of the sampled
data or signal processing record data.

* Print Conmand (PRT. This command prints sampled data.

* Display Command (DSP). This conunand displays a time series wkaveform cn
the screen.
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* Frequency Display Command (FDI).

The sequence of the analysis is as follows:

1. The number of points per frame that a sampied data file contains -s

designated by the CTX commnand. In this problem, the sequences are
40-points. FDI determines the DFT of a sampled data tile by frame and

theretore, to obtain a DFT with no discontinuities the context, of the san'.pied

data tiles must be set to 4-points per frame, the implicit period of the

sequence.

-'p Input: CTX 40
ILS responds with: CONTEXT = 40 POINTS FR.-ME

2. The prefix of the data tiles to be used in the analysis is initialized using the

FIL command with the AN argument.

Input: FIL ANDF

ILS responds with: Alphabetic characters set to: DF

3. The FIL command is used to create a file of 40 zeros. The first argumeat.

CRZ, creates a tile filled with zeros. The numeric arguments of the command

determine the size and number of files created. The first argument is the

filename and filename numeric which identifies the primary file, the second

declares the number of files to create and the third declares the number of

frames per file to create. In this problem, two files are created each with one

frame. Only one filename numeric is entered since ILS sequentiaily numbers

the second file.

Input: FIL CRZDFI00,2.1

ILS responds with: DFI00. NOT SAMPLED DATA

2 DK BLKS

DFIO. NOT SAMPLED DATA

2 DK BLKS

DFIOO. NOT SAMPLED DATA

2 DK BLKS

PRIMARY FILE

4. In order for this file to be sampled data, a sampling frequency must be

assigned to the file. ILS conmands do not perform analysis with fiies unless a

tile type is declared. For example, assigning a sampling frequency makes the

W42
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1Or

file a sampled data file. opening the file makes the file a record file. Exar:u:,::_"

the problem, a sampling frequency of 41) Hz is asqigned to the file. 1 his 1i'.e-

the DFT a frequency spacing of 1 Hz because there are 41) samples anj th,

'ields a record length of I second. The sampling frequency of the tile is

assigned using the INA command with the argument SF. This arnument l s

[NA to set the sampling frequency of the tile mnaking it a sampled data tlie.

The first numeric argument used wth the commrand is the integer n',uliple e1

the sampling frequency and the second is the power of ten multiplier for the

sampling frequency.

Input: INA SF.1I

- ILS responds with: SF = 49 SAMPLING FREQLENCY

5. The same must be done for file DFIOI. First the FIL command is used to
make DFIO1 a primary file and then the INA command can be used to assign
the sampling frequency.
Input: FIL DFIOI

ILS responds with: DFII. NOT SAMPLED DAIA

2 DK BLKS

PRIMARY FILE

Input: INA SF-.

ILS responds with: SF = ..1 SAMPLING FREQOENCY

6. The sampled data files, which consist of zeros, are modified one at a time

using the NIDF command. First the FIL command identifies the file to be

modified. The MDF conmmand is used to change the elements of the file to

represent the sequence. The first argument is I, which allows the user to modii<
unscaled integer values of sampled data. The first numeric argument identiflies

the starting frame of the file to modify. the second identifies the starting point

in the frame to modify, the third is the data value which replaces the old ,alue.

the fourth is the number of consecuti~es frames to ,nodifv and the fifth is the

number of consecutive points to modify. The first modification is in the first

frame starting with the first point in the file. The zero is changed to a one and

two consecutive points are altered.

Input: FIL DFIOO

I,.- .43
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ILS responds with: FIL DFi0. SAMPLED DAIA

2 DK BLKS. 1. FRAMES. 41 PT FR

SAMPLE RATE = 4o HZ

PRIMARY FILE

Input: NIDF 11,1.1.1.2

ILS responds with: OLD = 0. NE W = I

Input: MDF 11.40.1.1.1

ILS responds xith: OLD = E. NEW = 1

7 Once the modilication i completed. the I'RT .oiunaiid is ued to i,,pa,

the data ,nd check for correctness. The 1nrst numeric arCur.ient o: PR[

identifies wiuch frarne in the tile to start displaxing iand the scc.nd dLlre ta

number of frames in the file to display.

Input: PRT 1.1

ILS responds \\:th: Figure 3.2v. the %alucs of the sampled data file DFIu'i.

I I 0 0 0 0 0 I)

0 0 U U U 0 C
C) C) U C) C) U UUU

U U v U (

', .\ ,u-:: ..r p c c ,, t rep e atedt c i::.e i ! .: "a i: c er it i0... 1 10 1 ,,
%|

l:1!1.r S1 \ll~ 11 1-1 1 i

2 D K 11l KS. I IIA\1 s. 4, P1 I R
S\MPLL 1 1 F = 4," IIZ

PRI Ai.-\R) 1 i.T

Input. XIDF 11.1.1.1.4

11,S pespo:,ds ith: 01D = ',NLW I
\IDFIn:: \IDF 1I.SS.1.1.S ,

ILS icsp,::ds w:th. OLD = (t. NEW =

Input: Pl- 1.1

.-.PI.-

,,--,',.,-..-..",.-.,"-,. , ." ," ," ." -."-."-."-." ." . - .,-.-]..-.-" ,-,_%',-_% -.;.,%%.,t-. -,-,-.%,¢. ' ,. , -. , . - % ,.., v -.- ., . _.- -'F -j-b ',-"
' , . o * " ,% /, " -,. " - . ' ,:, . . --" r . .- -tt ,t .- r , rr r -- i' t- " " t . . ''- . - i "



ILS responds with: Figure 3.21, the values of the sampled data file DFIul.

SECz 1.
I1 1:0 0 0 0 0
0 0 0 0 4) 0 0 Ci t) C
o 0 0 0 0 0 0 (3 0
0 0 0 0 0 0 u & 1

C; \ S)

Figure 3.21 Sampled Data File, DFIOI.

9. The sequences, having been created and stored in sampled data files, can be

displayed on a time axis using the DSP command. In this case, because the

sequences are consecutive files, they can be displayed on the terminal screen

simultaneously. First the FIL command is used to declare the first of the

consecutive files as primary. The DSP command is then used to display the

files. The argument E erases the terminal screen before plotting the data. The

first numeric argument identifies the starting frame of the fie to display, the

second declares the number of frames to display, the third is the scaling factor

for the data, the fourth makes the plot discrete, and the last identifies the

number of consecutive files to plot. In this case, the plot consists of the first

frame of files DFIOO and DFIOI and the data is scaled b% 200.

Input: FIL DFIOO

ILS responds with: FIL DFIOO. SAMPLED DATA

2 DK BLKS, I. FRAMES, 40 PT FR

SAMPLE RATE - 40 HZ

PRIMARY FILE

Input: DSP EI,1,20000,2,,2

I LS responds with: Figure 3.22, a plot of the consecutive sampled data fies.

10. The DFT of each sequence is computed using FDI. This command

automatically plots the DFT as magnitude (dB) versus frequency. The

command prompts the user for the frequency limits of the plot. If no limits are

entered, I LS will plot the entire spectrum to the folding frequency. The

command is used with the following arguments. The alphabetic argument, E

45
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erases the terminal screen before plotting. (-B pa.es a gr;d ;, .i .

frequency display, and X dreLts ILS to derern.ine DI'.e 1) 1 of .1.: -

priniar. sampled data file. i I he [IL Lo1om1tnd nluist he J Ci IJ !,I

anal% sis by making it a priniary tile.t Ihe first ,aun ri, ariu1ic:-1 I DI)1

,dentifies "hici frame in the tie to ,tart ,.onput:n1 tile ) 1 %%::n. ::.e -'

iJent:tes the number of frames to be anal,zeld and the lat reqacsts :Lc pc: to

use dots to represent the data points.

Input: FIL DFI"')
ILS responds with: [IL DFlM. SAMPLED DAIA

2 DK BLKS. I. I,(A\IES, 40 PI FR

SAMPLE RATE = 4u IZ

PRIMARY FILE

Input: FDI EGBXI.I..I

I.S responds with: Figure 3.23, the DFT ofsequence(a?.

II. *rhe same procedure is performed for DFIOI.

Figures 3.23 and 3.2-4 are the DFTs of (a) and (b) respectively. Noti.e that ILS

r.pre~ents the DFT of a sequence using a continuous plot of 512 points. The

coeflicients of the DFT must be interpreted using the appropriate frequency reolution,

Af, of the sequences. [Ref .41

Problem 5: Two three-point sequences x (n) and x (n) are shown in figure 325.

Sketch and label the linear convolution of the two sequen,.es. [Ret. 3 p.
'S..4821.

As in the previous problem. ILS must generate the sequences. The data %ill be

sampled data, however: ILS can only perform convolution with record data. ILS can

do this analysis by changing the sampled data to record data using the SRE conmand.

The commands needed for this analysis are as follows:

* Context Command (CTX).

0 File Command (FIL).

5 * Initialize Command (INA).

* \odify Command (MDF).

0 Print Command (PR).

0 Open Record File Command iOPN ).

* Store Records Command iSRE .

0 List Records Command (LRE).

'p"



p.p0

C \ ILS}
(DB1

Convolution . ( This command .o..', . time . i r

• -I0

data.

• Display Record Command (DRE).

The analysis is as follows:

I. Following a procedure similar to the previous problem. the sequences are
generated. In this problem the files will be identified with the prefix WD. As

before, the iles initially contain zeros and are assigned an arbitrary, sampling

frequency to satisfy I LS requirements. The files are then modified with the

NIDF command to represent the sequences of figure 3.25. PRT is used to

i display the sequences and check for correctness. Since the CNV command

* 1

L- *. - , % ." % &' % % % ' '*i * , % -. -, ' , - , , " ' , , ' ' " . ' a ', '. -' I % ,lZd " *Z Z i ~ Zi 1i ' , . dL ', ~ i z -* 210i
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I 50

4.-.

20

*,. . \ .l ie

." . . , , .L : . :

" "10

16 15 20"

T1EOUNCY (HZ)

Figure 3.24 DFT of Sequence (b), Af - I Hz.

requires the files to be convolved be a power of 2, the context w ill be set to 8
points per frame. This context allows ILS to store the results of the
convolution in another file of the same context. If the context is smaller, I LS
would be unable to store the results of the convolution.

Input: CTX 8
ILS respond; with: CONTEXT - 8 POINTSFRAME
Input: FIL ANWD

I LS responds with: Alphabetic characters set to: WD

49



1 (n) X2(n)

1 21
1 2 0 1
1 -21 --2 2

Figure 3.25 Sequences of Problem 2 [Ref 3: p. -4S2].

Input: FIL CRZWDIO0,.2.1

ILS responds with: WDI00. NOT SAMPLED DATA

2 DK BLKS

WDIOI. NOT SAMPLED DATA

2 DK BLKS

WDIO0. NOT SAMPLED DATA

2 DK BLKS

PRIMARY FILE

2. With WDIO0 as the primary, a sampling frequency is assigned.

Input: INA SFI,O

ILS responds with: SF - 10 SAMPLING FREQUENCY

3. Now the data is modified one point at a time.

Input: MDF11,11

ILS responds with: OLD - 0, NEW =

Input: MDF 11.2.3

ILS responds with: OLD - 0, NEW - 3

Input: MDF il,3,-1

ILS responds with: OLD- 0, NEW - -2

4. The data is checked for correctness using PRT.

Input: PRT 1,1

ILS responds with: Figure 3.26, the sampled data point of file WD100.

5. The same procedure is performed for file WDIOI.

Input: FIL WDIOI

50



SECTC4. ~M
Ca 1.S)

Figure 3.26 Sampled Data File WDIO0.

ILS responds with: WDIOI. NOT SAMPLED DATA

5'. 2 DK BLKS

" PRIMARY FILE
Input: INA SFI,O

ILS responds with: SF 10 SAMPLING FREQUENCY

Input: MDF 11,1,-2

ILS responds with: OLD - 0, NEW - -2

Input: NIDF 11,2.-I

ILS responds with: OLD - 0, NEW = -1

Input: MDF 11.3,2
ILS responds with: OLD - 0, NEW - 2

6. The data is checked for correctness using PRT.

Input: PRT 1,1

ILS responds with: Figure 3.27, the sampled data points of file VDI01.

C1\1: -S) PIT 1. 1

SEC:TOR , FRAME I

-2. -1 a 0 0 0 0 0
CI\ILS)

Figure 3.27 Sampled Data File WDIOI.

7. Now the sampled data of files WDIOO and WDIOI is made record data by

duplicating the data as a records in the files WD200 and WD201 using SRE.

This command requires the receiving files to be secondary files. This is

51
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accomplished using the FIL command with the alphabetic armgu'ent S. 1 he

OPN command must also be used with the S argument to open these secondary

files. SRE is used after the secondary record files are opened to receive the data

as record data. The first numeric argument identilies the btarting frame of' the
sampled data file and the second is the number of frames to duplicate.
Input: [IL WDI00

ILS responds with: FIL WVDIUQ. SAMPLED DATA

2 DK BLKS. 1. FRAM, IES. h PT FR

SAMPLE RATE 1.0 HZ

PRIMARY FILE

Input: FIL SWD200

ILS responds with: WD200. DOES NOT EXIST

SECONDARY FILE

Input: OPN S

ILS responds with: (a system prompt)

Input: SRE 1,1

ILS responds with: WD200. RECORD I STORED

Input: FIL WDIOI

ILS responds with: FIL WDIOI. SAMPLED DATA

2 DK BLKS, 1. FRAMES, 8 PT FR

SAMPLE RATE = 1.0 HZ

PRIMARY FILE

Input: FIL SWD201

ILS respondswith: WD201. DOES NOT EXIST

SECONDARY FILE

Input: OPN S

ILS responds with: (a system prompt)

Input: SRE 1,1

ILS responds with: WD200. RECORD I STORED

S. LRE is used to check that the data has been duplicated successfully. Since

the record files are secondary, the alphabetic argument S must be used. lhe
first numeric argument in the command is the starting record of the files to 'ist.

the second identities the number of'records in each file to display and the third

* identifies the number of consecutive files to display. WD200 must also be the
first secondary tile identitied by the command.

52
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Input: FIL SWD200

ILS responds with. \\D200. RECORD DATA

13 DK BLKS, I RECORDS

SECONDAR'Y FILE

Input: LRE S1,1,2

ILS responds with: Fig--ure 3.28, a listing of the record data iniles WD200 and

WD2OI.

C\I LS)...R RE S1, 1, 2

-------------------------------------------------------------------------------------------
RECORD 1, SAMPL41NG FREQUJENCY 1.OuE.QO, 7iY;= tll

REAL TIrfE SERIES CF SAMPLED DATA

INDEX TIME REAL VAL.UE

I 0000Z--+0 1. * OO'roc
'> 1. OEC-0 3. ocl,Zk)!.v
3 E. ()()(JE *00 -2. OOO(,E+OC
4 3. OC'uOE..O 0000OE-0OO
5 4.00007-00 .OOo0*-3O
6 000Z0 0000o*o .CO-n0
7 6. 0000OE+00 . CiOO.-OC
a 7. 00Cj)i.OO .OOO+,(,

EN~TEq CTO C:)N71NUE, E TO EX17, N POR NEXT RECCRO
-) C

1 , SAMP-N3 FAE>.Cy 1.0C)E iO. TY;E 1111

REAL TIPVE SERIES OF SAMPLED DATA%

IN*DEX TIME REA VALUE

I .OOOOE+00 -2. OOOOE+OO
a 1. 0000E+00O - 1. 0000E CO
3 2. OOOOE+0O 2.OOOOE.O10
4 3. OOOC0iVO) 00)
5 4.OOOOE.OO 0OOiS4-OC
6 5.00OOCOE*00 . OOOCE.OO '

7 6. 0O0uEi.OO .0000..E-00
a 7. Cj--.(j, * uO0.0

:C \ILS)

Figure 3.28 Record Data WD200 and WD2OI.
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9. With the record files identified. CNV is used to rerorm convolution of he

two sequences. The CNV commnand requires one file to be a Prinar,.- A) lie
and the other to he a Primary B) file. This is accomplished using the [I L

conmmand. Default declares a file Primary (A) and the alphabetic argument B

declares a file Primarv (B). CNV also requires a secondary tile be opened to
store the results of the convolution. This is accomplished as before usine the

FIL and OPN commands. WD300 is used to store the results. None of' the

CNV command's arguments are needed to perform the analysis.

Input: FIL WD20O

ILS responds with: WD200. RECORD DATA

13 DK BLKS. I RECORDS

PRIMARY FILE

Input: FIL BCV201

ILS responds with: WD2OI. RECORD DATA

13 DK BLKS, I RECORDS

PRIMARY-B FILE

Input: FIL SWD300

ILS responds with: WD300. DOES NOT EXIST

SECONDARY FILE

Input: OPN S

ILS responds with: (a system prompt)

Input: CNV

I LS responds with: WD300. RECORD I STORED

10. The results can be displayed numerically using LRE or graphically using

DRE. The file is secondary so the S argument must be used with either

conunand. The M and A arguments used with DRE display the magnitude of'

the record while prompting for scaling options.

Input: LRE S

ILS responds with: Figure 3.29, a listing of the results of the convolution of

WD200 and WD201.

The result is displayed in figure 3.30 using DRE MAS. [Ref. 41]

Problem 6: Evaluate the DFT of the sequence found by sampling the analog signal:

2fsin(2itf0 t)

,-a

" , ' ; - ----., . .. . - . . . - . . . . ..-. -
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- . -n. L =- - - - - - - - - - - - - - - --- 7 -l

C1\;L3)Lr.,- 1 S

* CI\S...,.DVUo. .Ou, i RECORDS *

RECORD 1, SA,"...:NG - EGUENCY 1.OE-O0. TYIPE lilt

REAL TIrE SERIES OF SAMPLED DATA

INDEX TIME REAL VALUE

I .OOOOE+O0 -a. OOOOEeO0
-a 1.0000E+00 -7.0O000E0

3 2. O000E+00 3. 0000E-00
4 3. O000E+O0 8. 0000'E.00
5 4. O000EO0 .' -4. 0000E+00
6 5. O000EO0 1. 1921E-07
7 6.O00ooEO0 -I.19.iE-07
8 7. 0000E+00 -5. 3605E-v8

ENTER C TO CONTINUE, E TO EXIT, N FOR NEXT RECORD
-) c

RE::;D aNOT OU\D
C:\I.S)

Figure 3.29 Record Data, xj(n) * x2(n).

and retaining only those values in the interval -l.Ot< 1.0 s. The
sampling frequency is 16 Hz and 32 samples are taken. Find and plot the
magnitudes of the DFT coefficients for fo equal to [Ref 2: p. 4S6.]:

a) 0.5 Hz

b) 1.0 Hz

In this problem, the 32 samples of the sinc function must be determined and then

used to find the DFT coefficients for varying values of f0. Since ILS cannot generate

the sampled values of the sinc function, the data is determined using a Fortran

program and stored in an ASCII data file which is then transfered to ILS. ILS can

then be used to perform the analysis and plot the results. The following I LS

commands are used in the analysis:

0 * File Command (FIL).

0 Open Command (OPN).

- • Write Command (WRT). Write sampled data or record data from a user
ASCII data file, or write sampled data to. from a coded ASCII Qile.

* List Records Command (LRE).

* Fast Fourier Transform Command (FFT).
* Display Records Command (DRE).

55
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S Unary Operations Command (UOP). This command is used to perform unary
operations on signal processing record files.

The first step, in this problem, is to write a program which generates the data ,

required for the problem and stores the results in an ASCII data tile. The data file

must then be transfered to the ILS directory and a record file opened to store the data.

The WRT command is used to write the data to ILS. This command requires the data

to be in a specific format in a file named WRTIN.DAT. In this case, since the data is

real-valued time series data, the format is F20.5 with one value per line. The program

and the ASCII data file are displayed in figures 3.31 and 3.32 respectiNely. Before the

WRT command is used, a file must be opened to accept the data. After the data is

transfered. the FFT command is used to compute the DFT of the sequelce. The FFT

command is used instead of the FDI command because the number of elements in the

sequence is a power of two. The sequence of ILS commands are as follows:

C -41S PRCG3RAM SEE0E DATA FOI :-,S.
RE,. X(32) , Z, JI, T

C--N (UNIT-9, L-'h TIN.DAT', STATLS-'C..C'
C DIM'ENSION X(600)

P; -ACOS (- 1. 0)

T-(Ze0.0625)-1.0

IF (T.EO.0. ) T40%1
X(I)- .O

ELSE
X(I -SIN(2. 0.PI 0. 5eT) / (PDeT)

ENDIF
wRITE (9,50) X(I)

20 CCNTINUE
50 FORMAT (F2O. 5).

C .OSE (UN179)
STOP)
END

5'

Figure 3.31 FORTRAN Program to generate samples.

I. Set the alphabetic prefix for the data files to be used in this analysis and

create and open a file to store data from an external file. .1
Input: FIL ANDQ

I LS responds with: Alphabetic characters set to: DQ

Input: FIL DEYDQI00

ILS responds 'ith: TQIOO. DOES NOT EXIST "

PRIMARY FILE

Input: OPN

57



..E1765

38497
.47053

.84633

. 90032

.94317

. 97450
. 99259

1. 00¢A4J

.29359
.974S0

. 843

. 78421i*9a 317

.71259

63662

.7053
.38*97

.300 L I
.9 1765
. o66a

. 13931

Figure 3.32 Sampled Data from FORTRAN Program.

ILS responds with: (A system prompt.)

2. With the file DQIOO opened and ready to receive record data, the WRT
command can be used to transfer data from the file WRTIN.DAT. The

alphabetic argument used by the WRT command is T, which teUs ILS to store

real time series data from a file named WRTIN.DAT. The first numeric
argument of the command identifies the number of items to store in each

record, the second identifies the number of elements in each record, the third

identifies the number of records to to use from WRTIN.DAT, and the fourth

and fifth are the integer multiple of the sampling frequency of the record and

the power of ten multiplier of the sampling frequency.
Input: WRT T32,1,32,16,0

ILS responds ith: DQIOO. RECORD 1 STORED

.4.. . . . - ."-.'." ." .' .",- e ._ " " " . ""'"e v.. "

9.,T 
.

I.- 4" ' - i lll I



,n RE. thle data transfereJ to DQI'se is Chc"ked Ih ao n

-1.0 to 1A'0 as expected. (1 his is because tile %erSion of ILS uwed n ir~

this problem did not allow signials to be, represented in the ner,-ti,e donmain.

Version i,.0 . the newer %ersion, does a-illow this.) This does riot Ale~t tile

-;olutior of' thle problem.

Inu:LRE

I LS re~ponds with- Figure 3'.3 3, a listing clf data tr,'nsfeCred from the e\[Crnlil

file. WRTIN.D:T, to ILS and stored as a record ;n i*I-e

DQl'm).%

or

REZORD 1, SAMP.ING P;E"EC 16. TYPE 1111

AEA TV'S SE9:E3 OF SAmPLED DATA~

1NE ME REA OOU-jE.J

a i. 5OE-0u0 1.31-')

6 3. 1 .C.-v Z.'3~
7 Z. ?7u-C4- 4*. 7 .,IS Z-.

-. !~-uL 7. S9'3-.

E1 .. E-) 7. 84...E-)!
EvE Z- ZZ*.7ZNuj-, E TO -;:X.T, 1. CR .%z-X RE:QD

-I N

in I r e 3.3 ILS 1),ir1 [Et :rni V, RJ !\.-DA I

. DRi: I, u-ed t o d I p !Ia' th ie an i;<c ' a.:i~s I'll~ a11L i~ l:.I .I -:.

Part is , fikure .5
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ILS responds with: DQIO. DOES \OT EXIST

SECONDARY FILE

Input: OP\ S

ILS responds vith: (A system prompt.)

Input: FFT .,5

ILS responds with: DQIOI. RECORD I STORED

Input: LRE S

ILS responds with: Figure 3.36, the DFT of the sinc function.

C. \ILS)LRE 9

C oC\ILS\DQ101. 101. L RiCORDS

- - - - - --- - -- --------- - - - -- - - -- - - - - - - - - - - -- -

scrnan 1. *teoof-y V0410AEN~CY IS, ?Vp 2211

COMPLEX RECTANGULAR SYPVq4TRIC SPECTIUM OF SAMPLED DATA

INDEX FREQUENCY REAL VALUE i"AG VALUE

I .OOQE*O0 1.•853E*Oi .OOOOE-00
a 5. O000E-O1 -7. 2331E*00 -9. a1644-08
3 i.000E+00 -9.1285E-01 -i.97i7E-OS
4 1.5000E.O0 -3.8754E-01 -7. 170E.-O

5 a. OOOOE.O0 -Z. I1S5'E-O .O(*E.-
6 2.5000E+O0 -1.423E-O -7.474E-0tl
7 3. OOOOE.oo -1. O2&E-O1 -a. & IE-o
a 3.50OOE-0O -7.i155E-02 -*.8791E-0
9 4. OOOOE.OO -6. 2800E-O2 .0000E E-00

10 4.S5O0OEO0 -5. 2505E-02 -2. 8721E-07
11 5.OOOOE00 -4.S534GE-Ol -i.1914E-QI-

ENTER C TO CONTINUE, E TO EXIT, N FOR NEXT RECORD

RECORD 2 NOT FOUND
C g \ ILS)

Figure 3.36 DFT Coefficients part (a).
S.

6. rhe output file DQIOI contains the real and Imaginary parts of the DFT but

not the magnitude. This file can be modified to contain the magnitude of the

DFT by using the UOP command. The UOP command does this by computing

the absolute value of the data in DQI01 and storing the results in a secondary

file. First the FIL command is used to change DQIOI to a primary file and

initialize a secondary fide. The OPN command opens the secondary file to

accept the results of the UOP command. The LOP command uses the AB

argument to identify that it will compute the absolute value of the data in

DQIOI. Default values for the numeric values are used.
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Input: [IL DQI)l

ILS responds with: DQI'). RECORD D.\IA

13 DK BLKS. I RECORDS

PRIMARY FILL

[1iput: FIL SDEYDQIEj2

I LS responds with: DWIOl2. DOES \OT LXIS I

SECONDARY FILE

Input: OPN S

I LS responds with: fA systemi prompt.

Input: UOP AB

ILS responds with: DQi P2. RECORD I sTORLD

7. The DRE conmand is used to plot the magnitude of the DFI.

" The second problem is performed in a sinular la hion. Figures 13 and S.'S arc tLe

plots of DF-r of parts (a) and (bi. respectLvely. [Ref. 41
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IV. CONCLUSIONS

llaving described the capabilities of ILS and worked se-eral example problems.

an e aluation of the s stem is appropriate. The software package is evaluated in In

academic environment which consists of comparing the ad antages and disad',ntaces

of ILS to existing digital signal processing tools at the Naval Postgraduate School.

A. DIGITAL SIGNAL PROCESSING TOOLS AT NPS

Presently, only the mainframe systern has programs which perform digital signal

processing. These programs are available to the students by accessing a public disk.
The priman signal processing applications available through these programs are:

& Fast Fourier Transforms.

* Discrete Fourier Transforms.

* Frequency response of continuous and discrete systems.

• Convolution.

* Correlation.

* Difference equation solution.

The programs are not interactive and require creation of output files and reprogranling

of subroutines within the programs in some cases. Plotting of the results from these

programs is obtained using DISSPLA or EASYPLOT.

The mainframe is compatible with a number of programing languages such as
F7-ORTR.AN. PASCAL. and APL. This allows the user to write signal processing

programs for applications which are not available through the public disk. One of the

more useful languages for application multidimensional signal processing analh, s is

APL. APL is used primarily for solutions which require an iterative matrix t:pe of

solution process. The results of an APL session are easily plotted using GIRA-FSTAT.

an interactive plotting, data anal sis. and applied statistics software package which

uses APL.

B. ADVANTAGES AND DISADVANTAGES OF ILS

A comparison of PC-based ILS with existing mainframe signal processing tools

identifies the advantages and disadvantages of both systems. First. ILS has the

advanta2e of being readily accessible. There are no unscheduled or schedued
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maintenance requirements which aflec.t the availahilit% of ILS running nII a perun.d]

computer. ILS is completely interactive so no substantial prograing al'iitv is

required to use the software. I-he software can also be used in a menu drivci

en ironment. This allows the user to obtain a better understanding f the ILS

conunands and their usage in digital signal proces,,1n, applications. The data gcneratcd

throug-h the use of ILS conmiands and stored in I LS files is easily plotted with ILS

displav conmmands. The ILS software can get data from external sources. The

software has the ability to convert and use data from an external data file and with

\ I) and D A boards, convert externally generated data to ILS format for proLcsing

and then reconvert and output that data in its original format. This givs the user an -

infinite variety of signals to generate and analyze.

There are some disadvantages with ILS. however. First ILS cannot perform

multidimensional signal processing. The software limits the number of technique. k

available for perforing signal processing analysis. For example, the user cannot

design a recursive filter by other than the bilinear transform method. I LS does not

integrate with other programs or software. Thus, it is not possible to incorporate new

user-developed operations in the software. The graphics provided by the software does

not display well with dot matrix type printers and its plots are limited to the software

options and capabilities. For example, ILS will not smooth plots with curve fittil,

options such as an cubic spline, it merely connects the points. Finally, the user must

have a verv good understanding of digital signal processing techniques to apply the

software correctly and interpret ILS results. .J

C. RECOMMENDATION FOR EMPLOYMENT

I LS is a powerful signal processing tool. The software requires the user to have

a good foundation in signal processing techniques in order to use the system

effectively. The menu driven and interactive capability of ILS makes this version of

the software easier to use for beginners. Since the software consolidates a number of

signal processing methods, it would be utilized most ellicientlv as a research tooi. ILS

could also perform as a lab tool for projects in courses which deal with spectral

analysis, digital filter design, and speech processing.

-Q'-
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APPENDIX

ILS COMMAND: DFI

This appendix consists of an excerpt from the I LS Comminand Reference Guide.

It is representative of the documentation provided to the user concerning the

capabilities, usage and format of I LS commands.

%I
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October 1986 ILS DF"

DFI

DESIGN FILTER COMMAND

Function

Design an elliptic. Butterworth, or Chebychev filter.

Command Format

OFt I P,S] [0] N1,N2,N3,N4,N5,N6,N7,N8

-,

Input

The command arguments are the only input.

Output

An elliptic. Butterworth. or Chebychev filter matching the input specifications
is stored in the COMMON file. The rational form filter can also be stored in a
record file.

Alphabetic Arguments

0 Design band pass filters for fractional octave-band filtering. (This
argument is available only if the user's version of IL.S includes the

OCT command.)
De f au L t is standard filter design (i.e. no fractional
octave-band filters).

DF-I
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October '986 ILS DFI

Select rile in which to store the filter.

D e f au L t stores the filter in the COMMON file only.
P Store the filter as a record in a primary file also.
S Store the filter as a record in a secondary file also.

Numeric Arguments

N 1 The filter order (in S-plane).

Default is to prompt user for filter specifications.
Range is I to 14.

N2 The passband ripple in milli-dB.
Use >0 to indicate an elliptic or Chebychev I filter. 'a

Use 0 to indicate a Butterworth or Chebychev II filter
(neither of which has ripples in the passband).

Range is I to 10000.

N 3 The integer sampling frequency in Hz.
No default.

N4 A band edge in Hz. For a low pass filter. N4 must be zero. For a
band pass filter. N4 must be the lower band edge. For a band reject
filter. N4 must be the upper band edge. For a high pass filter. N4
must be larger than 0 but less than the folding frequency (half the
sampling frequency). The band edge represents the passband edge
for the elliptic and Chebychev I filters, a half power point for
Butterorth filters, and the stopband edge for a Chebvchev U filter.

Range is 0 to half of the sampling frequency.

N 5 The second band edge in Hz. For a low pass filter. N5 must lie
between N4 and the folding frequency. For a band pass filter, N5

must be the upper band edge. For a band reject filter. NS must be
the lower band edge. For a high pass filter. N5 must be Larger than
or equal to the folding frequency.

Range is 0 to half of the sampling frequency.

DFI-2
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October 1986 ILS DFI

N6 A stopband edge (in Hz) or 'dB-down' (in dB).
Use >0 to specify a stopband edge. which must lie outside of

the passband.
Use 0 to specify no ripples in the stopband (filter must be

Bunerworth or Chebychev 1).
Use <0 to specify a dB attenuaton in the stopband.
Range is 0 to one half of the sampling frequency when N6

is positive, and is -1 to -100 dB when N6 is
negative.

N7 The power of 10 multiplier for frequencies.
Range is -30 to +30.

N8 The number of bits of quantization.
Range is t to 16.

If (0] is specified:

N4 The cenu-al frequency of the highest fractional octave-band.
Range is 0 to half of the sampling frequency.

N 5 The number of bands per octave.

Default uses I band.
Range is I to 12.

N6 The dB-down factor.

Range is -I to -100 dB.

N 7 The power of 10 multiplier for frequencies.

Range is -30 to +30.

Description:

The DF command designs elliptic. Buterworth. or Chebychev (I or II) filters
and stores them in the COMMON file. Each of these different types can be
designed as a low pass. high pass. band pass. or band reject filter. Filter designs
can be specified directly on the command line or interactively in response to
prompts. The user can activate the interactive mode by entering D F I without any
arguments.

DFI-3
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October 1986 U.S DPI

The spectrum of the filter can be displayed with the FDI C command (refer to
the example), and the filter can be used with command. such as FLT to filter
sampled data or record data. If specified by the user. the filter is stored in the
primary record file (P) or in the secondary record file (S) as well as in the
COMMON file.

The filters are designed as close to the user's specifications as possible. These
specifications include filter order. passband ripple, sampling frequency. passband
edges. stopband edge and required attenuation in stopband. The filter coefficient
design is printed at the end of the program (refer to the example). The numerator
and denominator coefficients and the corresponding quadratic factors (with the zero
order value of I suppressed) are stored in the COMMON file.

The printout consists of the following information:

. Design specifications.

2. Denominator and numerator coefficients.

3. Poles and zeros (real and imaginary parts).

4. Quadratic factors for each pole or zero. Each complex pole or zero pair of the
form [ - (a4jb)z""-lj. [I - (a-jb)z"-I]. where a and b are complex
conjugate pole pairs, can be written as I - (2a)zo*-l + (a&02+b'*2)z'-2.
The first order quadratic facor is (-2a) and the second order quadratic factor
is (a**2+b=*2).

5. Time constant. The time constant is the number of samples for the impulse
response of the pole closest to the unit circle to decay to 0.37 (le) of its
initial value. In general. if the value exceeds 100. the filter may be
ill-designed.

6. Noise bandwidth. The noise bandwidth is the theoretical equivalent bandwidth
for white noise input. It is the value for which an ideal filter (gain of one in
passband. zero otherwise) would produce the same energy.

If the filter order (N 1 ) is not entered, the program prompts for the parameter S,
values. The order of the filter is usually specified as less than 10 since higher
order filters can produce numeric instabilities. An order of 3 or 4 is tvpical.

DFI-4

!V *1



, . ' , K,,-7M-* - 7 .. 77Y W,

S..

October 1986 It DF

The type of filter designed. i.e.. elliptic. Butterworth or Chebychev (I or a) is
determined by the amount of passband ripple (N2) and stopband ripple (N6)
allowed by the user.

Passband ripple Stopband ripple
allowed. 22)0 allowed. G(G0 or 16)0

elliptic yes ye
Butterworth so so
Cebbycbov yes so
Chebycov It so yes

For elliptic and Chebychev U filters (stopband ripple allowed), the user has a
choice of specifying stopband edge in Hz (N 6 >0) or the required attenuation in
the stopband in dB (N6<O).

The class of filter designed. i.e.. low pass. high pass. band pass, or band
reject, is determined by the values set for the lower passband limit (N4) and upper
passband limit (N5). If these values are large. the power of 10 multiplier (N7)
can be used.

Low Pass. To generate a low pass filter, the user specifies the lower passband .
limit as zero and the upper passband limit as greater than zero but less than the -

folding frequency, i.e.. half the sampling frequency.
IS

G--)1 ............ I ................ .- foldiaq frequency (X3/2)
II ",

4-0 3(NS(33/2

.,

DFI-5 :_
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High Pass. To generate a high pass filter. the user specifics the lower passband
limit as greater than zero but less than half the sampling frequency, while the
upper passband limit is at least the folding frequency. If a frequency value greater
than the folding frequency is entered as the upper passband limit. it is treated as
the folding frequency.

............ ............... (--9.d&UqL troquoncy (13/21

0(94(33/2 355.3/2 or IS)13/2

Band Pass To generate a band pass filter, the lower passband limit is specified as
less than the upper passband limit while both fall between zero and half the
sampling frequency. The user enters one value for N6. the stopband edge or
required attenuaton. the other value is determined by the program.

t O->J ..... ........................ I(--o~dJoy frequency (33/2)

04(4(ns 143S(N3/2

Band Reject To generate a band reject filter, the upper passband limit is specified
as less than the lower passband limit while both fall between zero and half the
sampling frequency. The user enters one value for N6. the stopband edge or
required attenuation, the other value is determined by the program.

-......... --.................. i ..fod. a frequency (13/2)
I I

0(35(34 3S<34(33/2

Octave band fltering

The 0 option is used to design filters for octave band filtering (see the OCT
command descripton). The program designs one set of elliptic band pass filters
and one elliptic low pass filter. The low pass filter has a cut-off frequency at the
lower frequency edge of the highest octave band. The set of band pass filters are

DFI-6
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designed with passbands adjacent to each other and with the total passband
encompassing the entire band of the highest octave.

The numeric arguments specify the highest center frequency from the highest
semi-ocmve band (N4). the number of elliptic band pass filters per octave band
(N5). and the dB attenuation in the stopiand (N6). The low pass filter is
designed transparently. The order of the filter is one half of the band pass filters'
order (i.e.. N 1 ,'2) and the cutoff frequency is calculated as follows:

pc ee(.*X') j * FE *.S

where:
FC a hbh frequency cutoff of low pass filter

(or. the lover frequency edge of the biybeat
octave bandi

FE a the hiLghet center frequency of band pass tlteve
(or, N4 9 10- N71

N ,1 / 5

General Notes:

i. Digital filters are designed from analog prototype low pass filters. For high
pass and low pass filters the filter order is equal to the order of the digital
filter. For band pass and band reject filters the digital filter order is twice the
analog prototype filter order. A mapping is used to obtain the digita flter-
from the analog protor.pe filter. The mapping is based on the well-known
bilinear transformation for low and high pass filters and on the lesser-known
biquadratic transformation for band pass and band reject filters.

2. If quantization is selected (N8). a procedure is used to approximate a
pseudofinite word-length filter. This procedure is as follows (please refer to
the prior description of quadratic factors if necessary):

a. the poles and zeroes are calculated in floating point notation (accuracy is
system dependent):

b. the polizero pairs are floating point multiplied to obtain quadratic factors:

c. the first order quadratic factor is rounded within the range of +2 to -2
using the number of bits set by NS:

DFI-7
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d. he second order quadratic factor is rounded with the range of 0 to + I
using the number of bits set by NS:

e. the poles and zeroes are recalculated in floating point notation from the
rounded quadratic factors.

f. he numerator and denominator coefficients are recalculated using the
above rounded quadratic factors.

Hence. both the cascade and rational forms of a filter generated by DFf
approximate a pseudofinite word-length filter.

Example:

In this example, a low-pass filter with a cutoff frequency of 800 Hz and a
sampling frequency of 10000 Hz is designed using two methods. First. a
tenth-order Butterworth filter is designed, and a grid and the transfer function are
plotted (Figure DFI-). Second. a fourth-order Elliptic filter is designed. and the
transfer function is plotted (Figure DFI- 1). See OCT for an example of OFI 0
for octve band filters.

The design of the first filter is as follows. The order is set to ten and the passband
ripple is set to zero. (No ripple means that the filter must be Buterworth or
Chebeczev II.) 10 KHz is the sampling frequency and the passband edges are set
at 0 and 800 Hz. Since the stopband has zero ripple, the filter is a Butterworth
low pass filter. The filter characteristics are prined after the DFI Command.
NOTE: Each computer and operating system gives differing results on floating
point calculations. The number of significant figures which agree varies widely,
so the printed example may not match your own results. The differences show up
most on the filter coefficients and least on the pole and zero locations.

OF! 10, , 10000,0,80
art L0 OLOO0o 0 00 0 a

SAMPLIG PlEQ9INeCT 10000.000 Uz
LOW PASS BUT REWOIT (MAXIMALLY FLAT) FILTZR
B..RAND EDGES 800.000

DFI-8
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0INOXIMIATOD NUMERIATOR
1 1.0000009.00 2.440791907
2 *.7aa961S.oo 2.440793t.06

3 2.1111611.01 1.0983571-05
4 -.3.9546643.1 a 2.9219519-09

S 4.9200749.01 5.1256431-05
-4.2641211.01 6.1307949-09

7 2.5915563.01 5.12S6653.05
8 .1.0913371.01 2.9105519-05
9 3.0450541.00 1.0983571.05

10 -5.07369-101 2.4407939:06 FC0

REAL ZMAGVART FRTODR SCN RE

0.814414 0.442476 -- 2780893
0.719043 0.352213 .1.431087 0 .641077
0.653442 0.294094 .1.3072as 0.491612
0.613125 0.153026 *1.226251 0.399340

0.593775 0.051065 -1.137550 0.355177

-1.000000 0.000000 1.000000 0.000000
-1.000000 0.000000 1.000000 0.000000
-1.000000 0.000000 1.000000 0.000000
.1.000000 0.000000 1.000000 0.000000

-1.0000 0.0S0000 1.30000 0.00000

3O159 BANDWID?3 600.335 M2

DFI-9
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FID CE is used to display the filter response from the parameters stored in the
COMMON file and erase the screen before the display (E) (Figure DFI-t).

FO CE

A grid is plced wire a bordvead rti dotted ine at the 0 H point. I
610 8e,800 -

?5.,

DR is used to design the second filter as a fourth-order filter, with a 200 mdLB

ripple in the passband (so that the filter must be either elliptic or Chebvchev 1).
and a sampling f-requency of 10 kHz. Since the band edges are entered in reverse
order, ,N5 is less than N4. the filter is a szoband filter, with passband edges of 0

3000 Hz and 2000 Hz. N6--50 specifies 50 dB attenuation in the stopband. so
that the filter must e of a type with ripples in the siopoand. making it an elliptic

filter.

0F1 4,200,10000,3000,2000.-SO
D0? 4 200 10000 3000 2000 -50 0

INO 1JCT ELLZIPTIC FILTER

PASS 3AND RIPPLE 0.200 03
PASS BAND EDGES 2000.000 3000.000 UZ
STOP BAND EDGES 2276.582 2723.419 BE
SAMPLING PREQUENCT 10000.000 32
ATTENUATbON -50.000 DR

DENOMZNATOI NUMERATOR
1 1.0000009.00 4.4892811-01
2 2.3841661-07 1.6054949-07
3 2.3926846+00 1.7594464*00
4 4.0233149-07 4.7161403-07
5 2.4293321.00 2.6214643.00
6 2.9802329-07 4.149S368-07
7 1.1467453.00 1.7594663.00

DFI-10
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a 6.0S523g.o0 1.105494.07
9 2.3317279-01 4.419291Z-01

POLES QUADRATZC FACTORS
REAL IMAGINARY FRlST ORDER SECOND ORDER

-0.2684456 0. 912634 0.536913 0. 90409
0. 2604SS 0.9 12634 -0. 5361 21 0. 9040t| 9

-0.221332 0.916132 0.442613 0.533587
0. 221312 0.696132 -0. 442663 0. 533587 '

ZEROS QUADRATZC FACTORS
REAL ZMAGZNAiR FZRS ORDER SECOND ORDE

-0. 130399 0.991412 0.210797 1.000000
0.130399 0.991412 .0.260797 1.000000
-0.051417 0.998407 0.112835 1.000000
0.056417 0.998407 -0.112834 1.000000

TZE CONSTANT 20.029 SAMPLES
IO3S 3ANDZDTU 4021.208 BE

The spectrum of the filter is displayed from the user's COMMON file and placed
on top of the previous figure (Figure DFR-I).

FOI C

DFI- I I
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0 *'

20

-30 "

-40

* 30
-40 '

* 70

I -100
1000 2000 3000 4000 o000

FREQUntCY (,,)

Figure DF- 1. Frequency spectm of the filters described in the example. The
spectrum with the sidelooes is the elliptic design, the other is the
Butterworth design.
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